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Abstract : This report first discusses the present status 
of PABX and LAN technology for voice and data 
applications. It then proposes an integrated PABX/LAN 
system for the combined functions of telephony and data 
communications. The software and hardware architectures 
of the integrated system are described. 
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1. INTRODUCTION 
) In this information age, the telephone has become a 
powerful instrument for the communication of information' 
and with the advent of display phones, it has become a 
recipient and processor of information. Similarly, over 
the past twenty years, the computer has evolved from an 
expensive, highly specialized device to a very 
inexpensive tool that has pervaded the workplace. Within 
the next ten years, it will become as commonplace as the 
telephone. 
This creates two new demands on communication 
technology. First, more advanced and specialized 
functions will be demanded from the telephone to meet the 
need for increased integration of voice and data, and to 
provide more automatic responses to the additional 
information provided to the telephone user. Secondly, as 
every desk becomes equipped with a telephone and a 
computer, there arises a need for an integrated voice and 
data desk where the computer and telephone function as a 
single communication instrument. 
For the voice communications, public telephone 
networks have penetrated into almost anywhere on the 
earth. For the last twenty years, there has seen a 
tremendous growth of private networks of telephones, 
known as Private Automatic Branch Exchange (PABX), to 
provide a more flexible and efficient use of telephones 
in small organizations. 
For data communications between computers, Local 
Area Networks (LAN) are becoming more and more popular. 
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Since these two networks are used for the 
communications between different devices, it should save 
a lot of troubles in installing and maintaining just one 
rather two separate networks. Presently, the major 
direction of development is the integration of the 
networks already in operation into one network which can 
satisfy all the xdifferent requirements with respect to 
application profiles and their required qualities of 
services. This is motivated not only by the maintenance 
costs of different existing networks operating in 
parallel, but also by the variety of applications one may 
imagine in a multifunctional environment. However, these 
two networks are employing very different switching and 
networking technologies that combining the two together 
is not an easy task. Thus a network is proposed to 
incorporate both telephones and computers so that voice 
and data communications can be performed in an integrated 
environment. 
In the next few chapters, such an integrated 
I 
PABX/LAN system incorporating both computers and 
telephones will be discussed. 
. ‘ ‘ . 2 , 
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2. COMPARISONS OF LAN AND PABX 
Before we try to attempt to design an integrated 
system involving computers, workstations and telephones, 
the most widely used network systems for computers and 
telephones are discussed. Their architectures, merits 
and demerits for voice and data applications will be 
compared. 
2.1 Typical LAN system 
With the widespread use of computers and 
workstations these days in almost every office and 
factory, LAN1s are used to connect a multitude of 
computers to work efficiently and cost effectively. 
2.1.1 Characteristics of a LAN [1] 
1. Area covered 
The network is restricted to an area of moderate 
size, such as an office block, a factory, or a campus. 
The limiting factors are usually the overall length of 
the cable used and any interdevice restrictions 
imposed. In practide the distances involved range 
from a few meters to a few kilometers. A very few can 
cover tens of kilometers, but are still described as 
local networks. 
2. Speed 
The raw data transmission rate on the network is 
high (of the order of 1 - 100 Mbps) when compared with 
• .
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ordinary telecommunications. 10 to 20 Mbps is the 
most common data transmission rate in LAN's today. 
3. Connectivity 
On some LAN's, particularly those associated with 
open systems, every device on the network has the 
potential to communicate with every other device on 
the same network. 
4. Cost 
Relatively inexpensive methods are used to connect 
to the network, compared to the cost of the device 
being connected. The overall utilization of the 
system is improved as resource sharing and time-
sharing between different user devices is possible. 
Thus the cost of the system is much reduced. 
5. Resource sharing 
One of the fundamental features of most LAN1s is 
that the network is shared between the devices. 
Whereas on a traditional network such as PABX, each 
machine will be directly wired into a switching 
device, on a LAN the one physical medium is usually 
shared, along with access to the medium. Resource 
sharing is one of the many reasons to connect 
computers, workstations and s orage devices and output 
devices into a single network. 
V 
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6. Low error rates 
The errors introduced by the network are very few, 
when compared with traditional wide area networks. 
2.1.2 Transmission medium of LAN 
1. Twisted pair 
For general networking the most common transmission 
medium is twisted pair cable. It is the most common 
because it is used for the telephone network to link 
each handset to its local exchange. Twisted pair, 
which has the additional advantage of being easy to 
install, requiring little specialized skill, is being 
used very successfully in local area networks running 
at up to 10 Mbps over shielded twisted pair. With 
further delicate shielding techniques, twisted pair 
cable has the capacity to carry data up to 16 Mbps. 
2. Coaxial cable 
Coaxial cable is probably the most versatile for 
LAN's, offering high speeds over moderate distances at 
moderate prices. Coaxial cable consists of a single 
inner conductor and a hollow outer conductor, with 
insulating material between, enables it to have higher 
bandwidth and work at higher data rates than twisted 
pair. There are two types of coaxial cable in common 
use, 50-ohm and 75-ohm. The 50-ohm will support 
speeds of up to 10Mbps, whereas the 75-ohm will go up 
to 50 Mbps. 
i 
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3. Fiber optic cable 
A fiber optic cable consists of a very thin, 
flexible, glass or plastic strand, down which light 
can be transmitted by reflection off the tube's 
internal walls. Fiber optic cable can operate with 
much greater speeds and distances than coaxial cable. 
However, fiber optic transmission requires the 
conversion of the electrical signals from a station 
into light, and this creates difficulties in 
implementation and maintenance. 
2,1.3 LAN access control methods 
1. Polling 
Polling relies on a master-slave relationship 
between a central server and the other stations on the 
LAN. The central server simply maintains a list of 
the stations assigned to share its disk space, and 
asks each on in turn if it has any transmission to 
make. It it has, that station is permitted to send 
one or more packets to the central station. The 
station must then wait until it is polled again before 
it can send any more. 
2. Carrier sense multiple access 
CSMA techniques are by far the most common used in 
LAN1s. This method is restricted to bus and tree 
LAN'S, and all the stations share the same physical 
medium, or the same channel. As all the stations have 
equal priority, there being no polling from a central 
6 
station, a station must listen to the medium to detect 
if it is idle or not before starting its own 
transmission. The problem with this method is that 
two stations could decide to transmit simultaneously, 
both having detected an idle medium. Furthermore it 
takes some time for a signal from one station to reach 
all the other stations in the LAN, and so there is a 
time after one station starts to transmit before all 
the other stations have detected the transmission, and 
there will not themselves try to transmit. 
3. CSMA/CD 
(Carrier sense multiple access with collision 
detection) 
When the LAN is idle the station transmits its own 
packet but at the same time keeps monitoring 
•listening1 to the network. It is possible that two 
or more devices decide to transmit at about the same 
time, and when this happens collision is said to 
occur. When a transmitting station detects collision, 
it stops transmitting the packet and sends out a very 
high jamming signal, to ensure that the collision will 
be detected by other transmitting stations. The 
transmitting stations involved in the collision will 
each stop trying to transmit for random time 
intervals, before trying again. 
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2.1.4 Interfacing to the LAN 
There are two basic approaches to interfacing to a 
LAN. The first is for the LAN manufacturer to produce 
a Network Interface Unit (NIU), which presents a 
number of standard computer interfaces to the outside 
world. Typically these will be RS-232 (V.24) or IEEE 
488 ports, and they enable almost any PC, terminal or 
peripheral to be attached. A simple program, usually 
a network management operating system, which can be 
totally independent of how the LAN itself works, can 
then be used by a PC attached to an NIU to gain 
access. 
The second approach is to provide a card which 
connects the PC or larger host directly to the LAN, by 
plugging into the host1s internal bus. The card may 
have all of the LAN software on board, or may require 
extensive software on the host, but this method is 
likely to be more efficient and is potentially cheaper 
for a large host. 
2.1.5 LAN topology 
1. Star networks 
With the simple star topology, each station is 
connected to a central switch by a dedicated physical 
link. The switch provides a path between any two 
devices wishing to communicate, either physically in a 
circuit switch or logically in a packet switch. Star 
networks tend to imply simple attachment hardware at 
8 
each station, although the s w i t c h e s themselves can be 
complex and therefore expensive. 
2 Ring networks 
A ring network is one where the stations are 
connected by a loop of cable, and each connection 
point, called a repeater, is responsible for passing 
on each fragment of the data. The data is sent in 
packets, and within each station there is a controller 
board responsible for recognizing packets sent to that 
station and for controlling access to the ring. 
Unlike star networks, in a ring network access is not 
under central control. 
• 3• Bus networks 
Bus networks are the most common LAN topology. They 
have no switches and, in their simplest form, no 
repeaters, but simply share a common, linear 
communications medium. Each station requires a tap 
(hardware for attachment to the medium), which must be 
capable of delivering the signal to all the stations 
on the bus. The data are sent in packets, and each 
station 'hears' all the transmissions, picking up 
those addressed to it. 
2.1.6 Switching techniques 
1. Circuit Switching 
Circuit switching is the technique of dedicating to 
the communication a physical path between the 
9 
transmitter and the receiver, the path being termed 
the circuit. Communication requires three phases; 
setting up the circuit, transferring the data and 
% 
closing down the circuit. 
For station A to transfer data to station B it must 
ask its nearest node, say node 1, to set up a circuit 
to station B. Station B is identified by an address, 
normally a unique number, just as every telephone has 
a unique number. Node 1 will choose the next leg of 
the route, say to node 3, and so on until station B is 
reached. The essential point about circuit switched 
v 
networks is that once the circuit has been 
established, neither station should be able to detect 
any difference between the networked connection and a 
direct physical cable between the two stations. These 
networks are commonly used to provide connections 
between terminals and individual computer ports, 
although the most common example is the telephone 
network. 
2. Message switching v 
In message switching there is no dedicated path, but 
the transmitter appends the address of the destination 
station to a complete unit of information, called a 
message, and transmits it on the network. These units 
can be very large, and each is completely independent 
of any other. Each switching node the network will 
look at the address and decide how to get the message 
to its destination. This is much more efficient than 
10 
circuit switching, which can waste line by keeping 
them open when no data are being transferred, but 
introduces considerable delays in switching, and 
requires nodes with sufficient capacity to store 
complete message• 
3. Packet switching 
Packet switching is an attempt to compromise between 
message switching and circuit switching, and it comes 
in two flavors : datagram and virtual circuit. In 
both kinds the whole message is split up into smaller 
messages, called packets, which will typically be 
under IK bytes long. In virtual circuit switching, a 
logical circuit, called a virtual circuit, between the 
transmitter and the receiver is set up. 
Details of these switching techniques are discussed 
in Chapter 3 of Ref. [12]. 
2.2 Applications of LAN 
Two types of traffic patterns in LAN : 
1. File transfer 
A user receives a file from a central storage 
facility known as a file server. The user requires a 
very high transmission capacity for a short time and then 
none at all. 
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2. Message transfer 
Sending of isolated, synchronous messages between 
human users. Use of the network is brief, at constant 
access to the network for transmission to or reception 
from multiple partners is necessary. 
2.2.1 Small filestore LAN1s 
The essence of a small filestore LAN is that the 
central PC or filestore has total control over the 
LAN, i.e. it operates as a master with the other 
stations being slaves. The slave stations -are 
configured such that a part of the central filestore, 
normally a large capacity Winchester disk drive, 
appears as an extra disk drive to the save, possible 
with a shared area by means of which files can be 
transferred between the slave PC's. Small filestore 
LAN's are aimed at single offices or very small 
organizations and usually offer only limited speeds 
and distances from the shared PC. 
2.2.2 Wiring replacement LAN1s 
Wiring replacement LAN's typically offer a 9600 bps 
synchronous interface for up to 255 stations, with the 
LAN itself running at 500 Kbps or less. The main 
advantage of these LAN1s, apart from offering 
potentially greater speeds, is the saving which 
results from having a single wire running round a 
building, rather than radial wiring from each terminal 
to the switch. 
12 
• . , . ,. v •,'. 
2,2.3 Personal computer networks 
The personal computer LAN is essentially an extended 
version of the small filestore LAN's. In this case, 
however, there is a physical LAN 'medium with one or 
more shared file or disk servers, and usually with 
each PC's disk drives and printer being shared with 
others on the network. the networks vary in size from 
a few dozen to many hundreds of PC's. The major 
difference between these LAN's and the wiring 
replacement LAN's is that a board within the PC is 
U Sed to provide the attachment to the LAN. the board 
will commonly handle all of the networking protocol 
r e q u i r e d , thus relieving the CPU of the PC from this 
load. 
2.2.4 General purpose LAN's 
With general purpose LAN's, it is possible to allow 
heterogeneous equipment from different manufacturers 
.to communicate with each other. These equipment can 
range from large mainframes and minis, through PC's to 
dumb terminals. It is these LAN's, of which the best 
known are the IEEE 802.3 CSMA/GD and the IBM Token 
Ring, which have received most attention from the 
standardization committees. 
Among the common LAN solutions to PC's and 
workstations, Ethernet and IBM Token ring are the most 
popular for the general purpose LAN's. 
13 
2.3 Typical PABX system 
A PABX is an assembly of equipment, usually 
telephones and modems, which.allows an individual within 
a community of users to originate and answer calls to and 
from :-
1. other users of the system (extensions); 
2. the public switched telephone network (PSTN) 
3. a private automatic exchange (PAX); 
4. other PABX1s via tie lines, such as E&M; and 
5. leased circuits, such as T1 (1.544Mbps) 
or CEPT (2.488 Mbps)• 
Fig. 2.1 shows a typical PABX system. The PABX is 
connected to PSTN through CO trunks and to other PABX via 
tie lines or leased circuits. Telephones are connected 
through the PABX to form complete speech paths. PC's 
communicate with other PC's either through modems or data 
modules. With modems, the digital data of the PC will be 
modulated into audio frequencies and be treated similar 
to normal voice calls. Dialing is made through the modem 
to the destination and once the circuit path is 
established, the two PC's exchange data as voice call 
does. With data module, the digital form of the PC's 
data will be preserved. Since most PABX1s today are 
digital in the internal architecture, data modules are 
very effective in transmitting data, and the speed, can be 




voice channel). However, with data module, the PC can 
only communicate with public packet switch network such 
as X.25, and it cannot go through the conventional PSTN 
because of the incompatibility of data formats. 
2.3.1 PABX topology 
Strictly speaking, a PABX can be regarded as the 
network manager of a LAN consisting of telephones. 
All the devices in a telephone system are connected, 
through twisted pairs of copper wires, to a central 
switch known as PABX/ in a simple -star topology. 
Since the PABX is vital to the functioning of the 
whole telephone coinmunication network, redundancy is 
built in the PABX to avoid the possibility of network 
failure. 
2.3.2 Circuit switching 
In the telephone networks, circuit switching 
technique has been adopted. A call set-up procedure 
to find a circuit path between two telephones is 
necessary before they can talk to each other. 
Although packet switching is now available for most 
telephone companies for data communications, circuit 
switching is still used for the voice communications. 
Circuit switching is also used for modems and 
facsimiles since the data are transformed into audible 
signals and transmitted like a voice communication. 
15 
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2.3.3 Telephony signalling 
Telephone signaling is the language used by 
telephone systems to talk to each other to control the 
telephone services such as dialing, ringing and answer 
supervision. The signaling method is the way in which 
on-hook/off-hook signals are sent over a circuit. On-
hook refers to the state that the handset is sitting 
on the hook-switch of the telephone, while off-hook 
refers to the stat that the handset is lifted up. The 
signaling between the central office (CO) of the 
telephone company and the attached terminal equipment, 
such as telephones and PABX's, is called subscriber 
loop signalling. The subscriber loop signals are sent 
by both DC current and by tones. 
A telephone circuit is always in one of three states 
1. When a circuit is not in use and is available for 
use, it is said to be idle. 
2. The time during which thfe call connections are 
being made is the call setup state. 
3. When both ends of the communication path are 
connected together and communication is possible, 
the circuit is in the connected state. 
2.3.3.1 Pulsing 
Pulsing is the transmission of digits which uniquely 
identify the terminating end of a call. There are two 
• . 1 6 
common types of pulsing; dial pulse (DP) and dual tone 
multifrequency (DTMF). 
Dial pulse operation 
Dial pulsing (DP) is a method of transmitting digits 
by
 a series of momentary on-hooks. Dial pulsing is 
used on subscriber loops when a subscriber has a 
rotary dial phone. 
The numerical value of each digit is represented by 
a series of momentary openings (pulses) of the loop. 
Each pulse cycle is made up of a break interval (B) 
and a make interval (M). Dial pulses are best 
described by their pulses per second (PPS) and % 
break. The digits themselves are separated'by a 
relatively long make interval called the interdigit 
time. 
DTMF operation 
Dual tone multi-frequency (DTMF) pulsing sends a 
unique pair of frequencies within the voice band to 
represent digits. Each digit‘is represented by one 
frequency from each of two mutually exclusive 
frequency groups. 
2.3.3.2 Subscriber loop signaling [2] 
1. Idle 
The CO supplied the following voltages : 
Tip ground potential 
Ring - -48V 
.• 17 
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2. Incoming seizure 
Ringing voltage of 75VAC, 20Hz is applied to the 
Ring lead. 
» 
3. Seizure response 
A termination is placed across Tip and Ring leads 
when the extension answers the incoming call. 
The CO removes ringing voltage as soon as the 
termination is sensed, and the calling party is 
connected to the termination. . 
4. Outgoing seizure 
PABX places a termination across Tip and Ring. The 
CO senses the current flow, and response by supplying 
dial tone. The CO may signal that the call is 
answered by reversing the potentials on Tip and Ring. 
This is referred to as Answer Supervision. 
5. Talking state < 
The termination remains in place, current continuous 
to flow. 
6/CO release 
The CO normally has no way to signal a release. The 
voltage connections for an idle circuit are identical 
to the connections to an active circuit. 
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7: PABX release 
The termination placed across Tip and Ring leads is 
removed, causing an open circuit. The circuit returns 
to its idle condition. • 
8. CO release acknowledge 
The CO normally cannot acknowledge release by PABX. 
2.3.4 ISDN (Integrated Services Digital Network) 
At present, virtually every subscriber local loop 
of the-PSTN (public switched telephone network) is 
analog. This is acceptable for voice communications, 
but it is far too slow and unreliable for data 
communication. Data transmission now accounts for 
more than 10% of total network traffic and its use is 
growing rapidly. Moreover, since the digital PABX 
transforms the analog voice signals from the handset 
to digital PCM (pulse-code modulation) form, it should 
save the troubles and circuitries to transform PCM 
back to analog to send to the CO, if the CO could 
accept digital signal. Thus ISDN (integrated services 
digital network) is intended to extend digital 
technology over the subscriber loop to the end-user 
terminal by using common telephone wiring and a 
standard interface plug. Ideally, the numerous 
diverse interfaces will be reduced (or eliminated) 
with a limited set of common conventions. In essence, 
ISDN is digital connectivity for the end user. 
19 
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Digital technology is extending the voice 
communication service to other.forms of information. 
Ultimately, the ISDN will provide this service for 
voice, data, text, graphics, and video. 
ISDN has five major goals : 
1. to provide a worldwide uniform digital network 
which supports a wide range of services and uses the 
same standards across different countries; 
2. to provide a uniform set of standards for digital 
transmission across and between networks; 
3. to provide a standard ISDN user interface, such 
that internal changes to a network are transparent 
to the 6nd user; 
4. in conjunction with the third objective, to provide 
for end-user application independence -- no 
consideration is made as to their characteristics in 
relation to the ISDN itself. 
5. as an adjunct to goals three and four, to provide 
portability of user DTE1s and applications. 
A lot of efforts have been devoted to develop and 
implement the ISDN. Refs. [13] arid [14] discuss the 
ISDN in greater depth. However, since the present 
analog PSTN has been well established and running 
20 
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successfully, it will take a long time to replace the 
present PSTN to a complete digital ISDN. 
The digitization of the traditional applications 
based on analog transmission signals (voice, TV, etc.) is. 
the necessary premise for their integration into one 
universal network. This is necessary for the 
transmission of data through the WAN as well as for the 
development of multi-media end-systems coping with 
digital information. 
2.4 Applications of PABX 
In business, many of the telephone conversations are 
to people within their own facilities. Without PABX, 
these calls will go a full circle, from their premises to 
the telephone company's central office (CO) and back 
again. Moreover, phones are normally used on average 
only l/12th of the busiest hour (i.e. a scant five 
minutes out of each peak hour), pp. 20 of Ref. [3]. If 
the phones are only used l/12th of the time during their 
peak calling period, tjien 12 people could conceivably 
share an outside line, dramatically reducing the 
businessfs telephone bill. 
PABX is mainly used by medium to large organizations 
such as business and government offices, factories, 
hospitals and hotels, to provide enhanced telephony 
services to the users such as call hold, call transfer, 
call forward; conference, out-going call restriction, 
21 
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centralized attendant for incoming calls, efficient 
utilization of out-going trunks. These functions are 
normally not provided by the telephone company but very 
! 
useful for a large organization to help run the business 
more efficiently and cost-effectively. 
PABX is used not only for the voice communications 
but also data communications between computers. However, 
since only circuit, switching technique is employed in a 
PABX, only certain data communication functions are 
possible and the efficiency for such use is not 
optimized. At present, PABXVs are only used about 10% of 
the time for data transmissions. 
PABX's can be tied together to form a greater 
telephone network. In a multi-national company, PABX1s 
in offices in different geographical locations can form a 
private network to provide more flexible telephone and 
data services to the users within the organization. With 
• dedicated leased lines such as E&M/ T1 or CEPT, the long 
distance phone bill could also be reduced, depending on 
the network configuration and the traffic. 
• ........ 'S • . 
2.5 Comparisons of LAN and PABX 
There are two categories in office communications 
networks, a digital PBX with a star topology and a LAN 
with a bus or ring topology. 
Like a LAN, a PABX is a unifying medium for a 
diverse array of machines. Unlike a LAN, however/ the 
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network; i.e., all devices in the network are connected 
to and controlled by it. If there is a major failure in 
the system, the entire network can be affected. 
Modern P A B X ' s are very sophisticated computer 
systems that support a wide range of functions. Once 
u s e d primarily to switch telephone lines, P A B X ' s now 
.a ‘ ‘ ‘ 
support both voice and data traffic, allowing data 
terminal and telephone users to share a common network. 
Data communications is a relatively new feature on the 
P A BX. Most newer systems use internal digital 
transmission and switching schemes that eliminate the 
need to translate data to analog signals and reconvert it 
to digital form. Digital PABX's with data communications 
capabilities do not require modems to communicate 
directly with attached equipment, although modems are 
required to link into external facilities since the PSTN 
is still mostly analog. How PABX's handle data 
communications varies from product to product. In 
general, a data module provides the interface between the 
switch and data equipment. This module either attaches 
to a telephone set, is standalone device similar in 
appearance to a modem or is an integrated part of a 
telephone set or data terminal. 
A PABX adopts circuit switching technique to obtain 
maximum efficiency for voice communications. It provides 
terminals with transparent paths suitable for continuous 
communications at up to 64 kbps. Due to its circuit 
switching characteristics, the transmission in a PABX is 
not broadcast in nature and the information transferred 
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from the source to the destination will not be received 
. b y other users in the same network. Dedicated bandwidth 
of circuit path provides high throughput and low delays. 
A LAN has been developed and introduced in an office 
mainly to accommodate computers and workstations. It 
adopts packet switching technique and is especially 
suitable for high speed and bursty data communications. 
D u e to the statistical multiplexing of bandwidth, the 
transmission is shared and used efficiently, thus 
lowering the operating costs. 
. 
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3. INTEGRATION OF PABX WITH LAN 
For several years, industry analysts have debated 
the pros and cons of using a LAN or a PABX to effect 
networking in the autbmated office. It is now generally 
accepted that LAN's and PABX s.each offer significant 
advantages depending upon their applications• The two 
technologies are presently being combined into an 
integrated PABX/LAN system which is often referred to as 
a fourth-generation switch. 
Many organizations will probably install both a PABX 
and a LAN; with the PABX used primarily for traffic with 
d i stant machines and the LAN used primarily for in-house 
traffic Gateways between the two will make life easier 
for users requiring to access both. 
This section describes how the PABX‘s and LAN's are 
connected together and the p r o b l e m s encountered. And a 
new PABX system having a LAN architecture is then 
proposed and described. 
3.1 Advantages of integration of PABX with LAN 
in the companies/ universities, research centers and 
hospitals the communication requirements increase both 
internally and externally. At the same time, diverse 
means of communication offered to companies are growing 
rapidly, e.g. PABX, data switching, LAN, dedicated lines 
via cables and satellites, etc. In fact, each of these 
.
 l s dedicated to a traffic type, which makes it compulsory 
for the user to establish several networks with the 
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c o r r e s p o n d i n g connections the telephone on the one hand, 
and data on the other hand. 
The integrated service LAN will reduce the costs 
when several dedicated networks are required today for 
transmitting voice, images and data; especially the 
-maintenance, 
-establishment of dedicated networks, 
- necessary bridges and gateways between those networks, 
- c o m m u n i c a t i o n servers, that need be gone through 
between the user and those networks, 
- dedicated and incompatible supervisory stations. 
Telecommunication services can be grouped into five 
classes as, according to Ref. [4]: 
“ C l a s s 1 (Kilo-stream) : services requiring circuit 
setting up for real-time applications, the bit rate of 
which is not over 64 Kbps, such as voice, facsimile and 
still-picture video. 
Class 2 (Mega-stream) : accounts for larger bandwidth 
services but limited to a few Mbps, such as 
videoconferencing, videotelephony and high-quality image 
processing. 
Cla s 3 (Kilo-bursty) : characterized by the exchange of 
short data messages with a low bit rate (1200 to 9600 
bps), e.g., distributed processing, messaging services, 
text processing, videotex, exchanges between consoles and 
computers• 
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Class 4 (Mega-bursty) : encompasses long bulk messages 
requiring neither continuity nor immediate delivery. , 
t hey can be transferred at the rate of a few Mbps, e.g. 
file transfers, access to data bases and high-speed laser 
printers• 
Class 5 (Giga-stream) : covers the requirements in high-
quality fuVl motion video services calling for some 100 
Mbps rates and real time. 
Applications of PABX and LAN to different communications 
needs 
Bursty Stream 
,... I i 
Kilo 1 LAN PABX * 
‘ 
+ — + + 
i 
Mega LAN | ATM/BISDN 
j 1 . 
Giaa ATM/BISDN ATM/BISDN 
I i ‘ 
+ 
With the present state-of-the-art technologies, PABX 
is more tailored for the kilo-stream of data 
applications, whereas LAN can be applied to the kilo-
bursty and mega-bursty needs. However, ATM switch or 
Broadband ISDN is required for giga bit communications. 
With an integrated PABX/LAN system, it is intended to 
, combine the functions of kilo-bursty, kilo-stream, and 
mega-bursty into the same data communication network. 
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The packet type service is unsatisfactory for real-
t i m e applications such as voice and high-quality motion 
picture video. With the circuit type 'service, the files 
cannot be transferred; the transmission is not good 
enough; besides, in the cases where the data rate varies, 
the transmission is not used to the best. 
Although all ISDN services have not been defined, 
t hey are expected to include digitized voice, data 
transfer between computers, facsimile, graphics, video, 
and other services such telemetry (in energy management 
and security monitoring)/ videotex, electronic mail, and 
database access for word processor - in all, a broad 
S C Ope of information services in a information society. 
3.1.1. LAN-PABX Gateway 
A common method of connecting a PABX with a LAN is ‘ 
• by a device called gateway. The gateway attaches 
physically to both the LAN and PABX in the normal 
maimer of other LAN and PABX stations. Messages sent 
from one station to another are transmitted onto the 
LAN or through the PABX to the gateway, which receives 
them and retransmits them on its other side. 
T here are a number of ways to construct a gateway 
interfacing LAN and PABX. They can roughly be 
classified as : 
1. MAC layer gateways 
2• Link layer gateways 
3. Network layer gateways 
4. Session layer gateways 
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5. Application layer gateways 
in the Ref. [5], these gateways are discussed in 
details and the merits and demerits of each type of 
gateways are compared. However, since the gateway is 
the only interface between the LAN and PABX, the 
t r a ffic across the gateway may be tremendous and that 
would be the bottle-neck for the combined systems. 
Moreover, if the traffics in the two sub-systems (LAN 
and PABX) are un-balanced# the i d l e bandwidth of one 
sub-system cannot be used by the other heavy traffic 
sub-system. Thus the total system efficiency will not 
b e optimized. Therefore, an integrated system capable 
of providing PABX and LAN functions is preferred. 
3.1.2. Problems in interconnecting PABX and LAN [6] 
1. Service category 
In ,a PABX, switch path connect!on/disconnection 
. corresponds to network l^yer connection. 
In a LAN, such as CSMA/CD LAN, terminals generally 
support the connectionless data transfer service for 
‘ t h e lower three layers. 
It is important to decide how to match them. 
2. Addressing method 
PABX and LAN generally use different numbering 
scheme/addressing methods, which should remain 
independent from each other even at interconnection. 
. 
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It is important to determine how a calling PBX 
terminal indicated a destination address in LAN to a 
gateway, and vice versa. 
3, Flow control method 
PBX terminals usually transmit and receive data at 
various speed up to 64 kbps, while LAN terminals 
transmit and receive data at much higher speed, e.g. 
10 Mbps in the case of CSMA/CD I^ AN. 
The transmission speed difference between PBX and 
LAN terminals causes a difference in effective 
throughput to them. Thus a flow control function is 
necessary to prevent a gateway from buffer overflow. 
3.1.3. ISDN-PABX [7] 
ISDN-equipped PABX's are available in support of 
ISDN PC, from various vendors such as Alcatel, 
Hitachi, NEC, Northern Telecom, and Siemens. The 
reason for such offering is the potential of the PRI1s 
(primary rate access, 1.544 Mbps) which enable the PBX 
to access a wide variety of public and private network 
services and networks, such as call selection, 
automatic number identification, However, before ISDN 
is widely adopted and implemented world-wide ISDN-PABX 
is not ready to solve the Immediate problem of 
integrating the'functions of LAN and PABX. 
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3.2 Architecture of Integrated LAN and PABX 
In order to combine the advantages of both LAN and 
PABX systems for voice and data communications, a 
distributed architecture is adopted. Physical stations 
are used as interface between the LAN transmission medium 
and various end-user devices such as telephone sets, 
workstations, PC's or dumb terminals. 
From the PABX design point of view, it is not 
critical what kind of LAN architecture is employed so 
long as certain criteria are met. These criteria are 
necessary so that ireal time voice conversation and 
conference can be realized. However, in this project, an 
OR-channel LAN is assumed with the following properties : 
[8], [9] 
1. the LAN is broadcasting in nature 
2. the LAN is a double-ring architecture, 
3. the medium access protocol is implemented as 
OR-type channel• 
The PABX in this design is just a physical station 
in the LAN, and its functions are primarily to handle and 
manage the call set-up and trunk allocation. This PABX 
is not a LAN manager which oversees all network 
managements. The network management functions are not 
critical in this design and they can be performed by one 
or more stations. 
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3.3 Typical applications 
T h e first practical application of an integrated 
PABX/LAN is to link the telephone and computer terminal 
p r e Sent on a desk into a s i n g l e communication instrument. 
Typical uses for this arrangement include sales order 
desks, technical support centers, travel agents and 
telemarketing applications. 
A typical sales order desk could utilize an 
integrated PABX-LAN. Upon receipt of the phone call, the 
PABX would advise the database to recall the correct 
o r d e r form to the Gomputer terminal screen of the agent 
answering the call. Different order forms could be 
recalled based on"the trunk number the call came in on. 
Similarly for a technical service center, an 
integrated desk could use the incoming call to correctly 
select the agent by product and recall the correct 
product database. in some countries, the telephone 
companies now provide Automatic Number Identification on 
incoming calls, so if this additional information is 
available, not only could the system recall the correct 
product on the computer, but since it would also know the 
identity of the caller, it could also recall that 
particular customer's file before the call is answered. 
T h e integrated system could maintain it by allowing a 
call transfer or conference of the voice and data from 
one desk to another if additional assistance is required. 
In the travel industry, an integrated environment 
could also add a new level of personalized service to the 
industry. Since the system could tell the agent who is 
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calling and provide this customer's file on the screen, 
the agent can then greet the caller by name, ask about 
their last trip as shown in the file and immediately 
a s s i s t the caller with arranging their next trip. This 
highly personalized service will guarantee repeat 
business. 
A number of physical stations are distributed along 
the LAN transmission medium. End-user devices such as 
PC, workstations and telephones are interfaced to these , 
physical stations, through which end-user devices 
communicate with other end-user devices in the network. 
One of these physical stations is dedicated to function 
as a PABX (private automatic branch exchange). This PABX 
.station includes trunk interfaces to the central office 
(CO) of the telephone company. 
Details of the physical stations other than the PABX 
are discussed in another report by W. Y. Siu [10]. 
T h ere are three main sub-systems in the PABX 
station, i.e. the control section, the trunk interface 
section and the network interface section. The design of 
the network interface section of the PABX station is the 
s a me as that interface section of other physical station. 
At this design stage, this section is assumed to be that 
of Refs. [9] and [11]. This network interface may be 
changed to another design during the course of the actual 
prototype implementation. 
The trunk interface section includes electronic 
interface to the CO and the associated circuitries for 
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digitizing the analog voice signal into PCM format and 
vice versa. 
The control section mainly consists of a 
microcomputer system controlling the proper functioning 
of the trunk interface and network interface. 
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4. CALL PROCESSING 
Call processing is the core of PABX activities and 
deals basically with call set-up and call release. In a 
circuit switching environment, the call set-up is the 
process to determine and allocate a free circuit path for 
the call. In a virtual-circuit, packet-switching 
situation, a virtual circuit path has to be assigned for 
the call. In the design of the present PABX with an 0R-
channel LAN architecture, a logical channel number has to 
be assigned. In the OR-channel architecture, the 
allocation of a logical channel does not guarantee the 
successful transmission of the voice packet because of 
the possible collision with other packets. However, 
since real-time voice packet will be given the highest 
priority and no two real-time voice calls will be 
assigned the same logical channel by the call set-up 
procedures of the PABX, successful transmission of real-
time conversation can be assured. 
After the call is completed, call release procedure 
is performed to return the channel resources to idle so 
that they can be assigned to new calls. 
A telephone call is originated as follows : 
1. An individual at the source lifts the handset off the 
cradle to start the call. This is called going off-hook 
and is detected at the local telephone office. 
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2. The local telephone office returns a dial tone signal 
heard by the caller on the source phone. 
3. Rotary dialling or push-button depressed by the caller 
provides instructions to the switch phone-
4. A connection is established through the switch to the 
receiver and ringing initiated. A ring-back signal is 
heard at the source telephone. 
5. The receiver handset is lifted off the cradle and 
conversation may commence• 
For the termination of a call, the following 
procedures are taken : 
1. When the conversation is finished, either end will 
hang-up• 
2. The on~hook signal will be detected by the CO, and the 
circuit path is removed. At the same time, a busy tone 
is sent to the other party which is still off-hook. 
. . - i 
3. When the other party hears the busy tone, he hangs up 
the handset. The CO then removes the circuit and the 
call is completed. 
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4.1 Finite State Diagrams for voice calls 
In a telecommunication system, each device will go 
through a number of states to carry out a call service. 
The states are usually represented as a finite state 
diagram. 
In the state diagram, each node, i.e. state, has a 
name,. the state name, and each arc may have the 
name/names of the signal/s whose reception causes the 
activation of the transition. The sate diagrams 
represent the possible steps that a device will go 
through during a call. 
F i g s . 4.1 and 4.2 show the state diagrams for the 
telephone sets and the trunks for simple telephone 
conversations and conference. 
State diagram for telephones 
In Fig. 4.1, the Phone_idle is the state that the 
telephone is idle, i.e. on-hook state. This is the state 
of the phone for more than 90% of the time. 
When one lifts up the handset, an off-hook signal is 
received by the phone and it goes to the state 
Off—hook in—service. In this state, the phone will send 
‘ ‘ , 
out a dial tone through the speaker of the handset. Once 
the user dials a digit, it will go into the state 
Await_digit. When all the digits have been collected, 
they will be sent to the PABX or the CO. If the 
destination is ready and idle, ringing signal will be 
sent to the destination telephone and at the same time a 
ringback tone will be heard by the caller. If the other 
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side goes off-hook, the circuit path is completed and 
ringing tone and ringback tone will be removed, and 
« 
conversation can take place. 
State diagram for trunks 
The initial state of the trunk is Trunk—idle. When 
it receives signals from the PABX asking for outgoing 
trunk, it seizes the CO circuitry by forming a 
terminating loop in the trunk circuit. When the CO 
responses, it sends the digits to the CO. The CO then 
checks the validity of the dilled digits and availability 
of the destination. If the destination is idle, a 
ringback tone will be heard. When the other party picks 
up the phone/ both will go into the Talking state. 
For an incoming call, a ringing voltage will be 
sensed by the trunk circuit. The PABX will then search 
for an extension in the system to answer the call. 
Usually, the attendant (or the operator) phone will be 
the answering point. When the attendant picks up the 
phone the circuit path is completed and both enter the 
Talking state. 
Usually, the attendant will transfer this call to 
other extension in the system. The state diagram for 
voice conference details the flow of a conference and 




 . .. :.• , 
4.2 SDL representations of voice calls 
Based on the state diagrams for the call processing, 
much detailed hand-shaking protocols are developed. 
These hand-shaking protocols are represented in the 
Specification Description Language (SDL) forms. SDL is 
based on a set of constructs or graphic symbols to 
describe the behavior of a process that can be modelled 
as a finite state machine. Details of the SDL are 
described in Appendix A. 
SDL of phones 
The SDL representation of calls is shown in Fig. 
V 4.7. The starting of the phones are in the Phone—idle 
state. While waiting for inputs to transit into another 
state, the telephone interface will send an Ext idle 
message to the PABX so that the PABX will update the 
status of the phone to be idle, thus allowing other 
phones to make call to it. If an Off_hook message is 
received from the phone, the interface will put it into 
the Off hook—in service state; sending an Ext—off—hook 
message to the PABX and outputting Dial tone to the 
handset. When a Dial_digit is received from the 
telephone, the physical station will cancel the dial tone 
and store the digit in the memory, and then wait for the 
next digit, if any. When no more digit is received 
before Time—out, it will outpulse these digits to the 
PABX. When Bridle and Call—ID messages are received from 
the PABX, a Ringback_tone is sent to the handset. When 
the other party lifts up the handset, a B_off_hook 
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message is sent to the originating phone. Upon receiving 
this message, the ringback tone to the handset will be 
canceled and the Call ID for this call will be sent to 
the called party. Both telephones then communicate with 
reference to this call identification until the 
conversation is over. A simplified call process is shown 
in Fig. 4.4 for internal calls. 
SDL for trunks 
Fig. 4.9 shows the detailed handshake protocol for 
. the trunks with the PABX. Fig. 4.5 shows a much 
simplified call process for an outgoing call. 
SDL for conference 
Fig. 4.10 shows the SDL representation of the 
protocol for conference with two internal telephones 
4 #3 software implementations of SDL diagrams 
With the SDL diagrams, it is possible to implement 
the protocol in softwares. 
4.3.1 PABX operating system 
In the PABX, there are two important tables to 
contain the information of system resources so that 
the PABX can assign free available resources to the 
calls when required. These tables are : Call ID—Table 
and the Device Activity Map (DAM^. The Call—ID Table 
lists all the call identifications in the system, and 
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^hich parties are assigned to the call ID. The 
structures of the DAM and Call—ID—Table are shown in 
F i g s . 4.11 and 4.12. 
+ "J" 
• Device ID | Status i Call ID 
— 
I 1 j IDLE j I 
I 2 i BUSY j call ID 1 ! 
+ j 
I . 3 « RING ! I 
1 J T 
j — -
 : t 
MAX DEV 1 i IDLE , 
+ , 
j MAX DEV ! BUSY call ID N , 
…: + 
Fig. 4.11 Structure of Device Activity Map (DAM) 
T h e Device Activity Map lists the status and the 
call ID associated with the call of each device, 
including telephones and trunks. This table will be 
updated when messages are received from the physical 
station. In order to reduce the communications 
between the physical stations and the PABX, only three 
states, IDLE, BUSY and RING, are recorded in the DAM. 
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+ + 
j Call ID i Party 1 i Party 2 | Party 3 
+ + 
I 1 i I 1 
+ +- 1 
,I 2 j i 
+ -J-
j 3 j i i I +— + + +-
I \ 
— +— -"+ + 
I MAX CID - 1 j I I 1 + — — " + - + + + 
j MAX CID 
“ „ : … + — + + 
Fig. 4.12 Call_XD_Table structure 
If a call ID is assigned to one or more devices, 
telephones or trunks, the device ID will be entered 
into the Party fields. If all the call ID'S are used 
Up by different devices, a congestion is said to occur 
and busy tone or congestion tone will be returned to 
the caller. If a call is completed, the Party fields 
will be cleared and thus.the call ID can be available 
for other new call. MAX—CID is the maximum number of 
call ID'S in the system. That is, only MAX—CID of 
voice calls can take place simultaneously. This may 
not be the maximum channels available in the system, 
since some channels may be reserved for data and 
control messages. 
The pseudo-codes for the PABX operating system are 
listed in section 4.4. * 
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4.3.2 Trunk operating system 
In the physical station interfacing the trunk 
circuits, a Trunk State Map (TSM) is maintained. TSM 
is similar to a DAM, except that only the status of 
the trunks are recorded. 
The pseudo-codes for the trunk operating system are 
listed in section 4.5. 
4.3.3 Message format 
In the PABX/LAN system, control messages and data 
messages have to be sent from one physical station 
around the transmission medium and received by the 
intended receivers. The message format consists of 
the following fields : 
+—— + 
J Action j 
+ + . 
I Source J Sending physical station 
+ + . 
I Destination j Receiving physical station 
+ + 
j Calling_partyj Calling device id (trunk or telephone) 
+ : + 
j Called party Called device id 
+ — + 
Fig. 4.13 Message format‘for control packet 
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+ + 
I C a l l ID j 
+ + 
j Source_jparty | 
+- + 
J Voice packet | 




j Voice packet | 
+- ---+ 
Fig. 4.14 Message format voice packet 
These message formats are used for the network 
layer. In the medium access layer, these formats may 
be altered or appended for the actual transmission in 




4.4 Pseudo codes for PABX 
typedef int DAM state 
enum DAM state { 
.BUSY = 1, 
IDLE = 2, 
RING = 3, 
} 
typedef int action; 
enum action { 
B_idle = 1, 
B:off hook = 2, 
B:on hook = 3, 
Cal l^connected = 4, 
Ext—busy = 5, 
Ext:idle = 6, 
Ext:off hook = 7, 
Incoming call = 8, 
Invalid—number = 9, 
Line—busy = 10/ 
Outgoing—number = 11, 
Outpulse_number = 12, 
Release call ID = 13, 
Ringing = I4/ 
Trunk_idle = 15, 
Trunk ring = 16, 
Trunk seized = 17, 
Voice—packet = 18, } — 
typedef int device status; 
enum device status { 
B—idle = 1, 
B:off hook = 2, 
B on hook = 3, 
Cal l—answered = 4, 
Call connected = 5, 
CO on hook = 6, 
Ext—busy = 1 • 
Extlidle = 8, 
Idle = 
Invalid—number = 10, 
Line—busy = 11, 
Outgoing call = 12, 
Trunk—busy = 13, 
Trunk_seized = 14, 
} 
#define PABX ps idLPabx 
/* the ps—id of the PABX station */ 
4 5 
#define ATTENDANT ex:tens ion attendant 
/it the extension number of attendant . / 
# 
ftdefine TRUNK—PS ps—id trunk ., 
/* the ps__id of the trunk interface 
^ r ^ s I g e ^ o L a t to transmit through t h e ^ e d i u m
 : / 
to the physical stations, including station PABX */ 
I T I T source;/* ps_id is the identification */ 
ps:id dest; /* of physical station */ 




struct message msg; 
device status status, trunk—resp; 
call identification call—id; 
/* System initializations */ 
DAM_Initialization(); 
In—Suf—Initialization(); 
Out_Buf_Ini t iali zat ion(); 
CalT ID:Table—Init|alization(); 
do { 
msg = Get_Msg_From_In_Buf(); 
switch (msg.act) { 
case 1 Ext—idle1 : 
Set__DAM(msg.cal 1 ing_p, IDLE); 
break; 
case , Ext—off—hook1 : 
Set DAM(msg•cal1ing_p,BUSY); 
breal^ ; 
case Trunk—idle* : ‘ 
Set_DAM(msg.cal1ing_p, IDLE) 
break; 
case 'Trunk ring* : 
Set DAM(msg•calling_p, RING); 
break 
case "Trunk—seized1 :. 
Set DAM(msg•calling_p,BUSY) 
break; 
case 'Release—call ID* : 
Release—Call ID(msg.calling p) 
break . 
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case ,Outpulse—number1 : 
status = Check_Status(msg.called_p) 
switch (status) { 
case , Invalid number I : 
Output(Number invalid,PABX,msg.source, 
“ msg. called_p, msg. cal 1 ing__p) 
break; 
case * Line—busy1 : 
Output (Line busy,PABX,msg•source• 
msg•called p,msg.calling p) 
break;, 
case ,B—idle1 : 
Set_DAM(msg. cal led_p, BUSY) 
call id = Assign Call—ID(msg.calling_p); 











case I Outgoing call I : 
trunk— no = Search_Idle_Trunk(); 
if (trunk_no == 0) status = Trunk_busy; 
els© {" 
Output(Outgoing_cal1,PABX, TRUNK—PS, 
msg.calling p,trunk no); 
status = Get Trunk—Call—Status(trunk—no); } 
while (status == Idle) 
status = Get—Trunk_Call Status(trunk—no); 
switch (status) { 
case 1 Trunk busy1 : 
Output (Line—busy,PABX,msg•source‘ 
msg. called__p, msg .call ing—p) 
break; 
case 'Trunk seized1 : 
Send—Out No(outgoing—number, trunk_.no) 
trunk—resp = 
SeC_Trunk—Cal 1 Status (trunk_.no) 
switch (trunk resp) { 





call—id - A s s i g n — C a l l ID (msg .call ing__p); 
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msg • cal ledj, msg • cal 1 m g p); 
O u t p u t ( c a l l i d , P A B X , m s g . s o u r c e , 











case 1Incoming_call1 : … m 
status = Check_Status(ATTENDANT); 
switch (status) { 




case 1 Idle1 :
 n _ . . 
call—id = Assign Call ID(msg.calling_p), 





ei se { 
Output (Ext idle,PABX, TRUNK PS, 

















Error Handle() . 
break; 
} 
} while (true); 
} 
int Assign Call—ID(PARTY) { 
/•Assign a free call ID for the PARTY to proceed a call*/ 
/* if no free call ID is available, zero is returned */ 
for (i=0; i<MAX_CID; i++) { 
if ((CID[i].party ==NULL) && (CID[i].party_2 
==NULL) && (CID[i].party—3 == NULL)) { 





void Call ID Table—Initialization() { 
/* Initialize the call identification table, */ 
/* CID[]. MAX—CID is the maximum number of call */ 
/* ID in the system call—id[] is the array of */ 
/* call ID's available CYD[] is the array of */ 
/* Call ID Table, Each entry of Call ID Table */ 
/* consists of four fields; call id is used to */ 
/* identify each call, party—1, party_2 and */ 
/* party_3 contain the different parties involved*/ 
/* in the call. A maximum of three parties are */ 
/* allowed for each call */ 
for (i=0; i<MAX CID; i++) { 
CID[i].call id = call_id[i]; 
CID[i].party_l = NULL7 
CID[i].party_2 = NULL; 
CID[i].party_3 = NULL; 
} 
} 
device status Check Status(NUMBER) { 
/* Check whether NUMBER corresponds to valid */ 
/* extension number-, extension idle, extension */ 
/* busy, or an outgoing number; and return the */ 
/* result; ie/ 
if (Out No(NUMBER) == TRUE) return(Outgoing_call); 
else for (i=0; i<MAX__DEV; i++) 
if (DAM[i].dev id == NUMBER) 
return(DAM[i].status); 
return(Invalid—number); } — 
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void DAM-Initialization() 
/* initialize the Device Activity Map, DAM */ 
/* MAX DEV is the maximum number of devices or */ 
/* the system DAM[] is the array to record */ 
/* the activity of each device 
/* Each entry of DAM[] consists of three fields*/ 
/* DAM[].devoid contains the extension number */ 
/* or trunk number for which the activity is */ 
/* recorded. DAM[].status records the status :/ 
/* of the device DAM[].call—id contains the */ • 
call id, if any, associated with the device.*/ 
for (i=0; i<MAX DEV; i++) { 
DAM[i],dev_id = device[i]; 
DAM[i].status = IDLE 





 Get from the trunk interface hardware the status */ 
/* of the trunk TRUNK, and return the status */ 
} 
boolean Out_No(NUMBER) 
L check whether NUMBER is a valid telephone number */ 
to the CO, return TRUE or FALSE ” 
} 
void Output(ACT, SOURCE,DEST‘PARTY—1‘PARTY—2) 
/* send message via communication medium from end-user */ 
/* PARTY 1 of physical station SOURCE to end-user */ 
/* PARTY:2 of physical station DEST to take ACT; */ 
} — 
int Release Call ID(PARTY) 
/* Release call identification associated with PARTY, */ 
so that it can be allocated to other calls; */ 
for (i=0; i<MAX DEV; i++) 
if (DAM[i].dev_id == PARTY) { - w n . 
if (Reset CID(DAM[i] .call—id) == 1) exitUJ, 
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int Reset CID(CALL ID) { 
/* Reset all parties associated with CALL ID to NULL */ 
for (i=0; i<MAX_CID; i++) 
if (CID[i].call id == CALL ID) { 
CID[i].party—l = NULL; 
CID[i].party—2 = NULL; 





int Search Idle_Trunk() 
• { . 
/* Look through the DAM to find an idle trunk, and */ 
/* return the trunk number; */ 
/* return zero if no free trunk is available */ 
for (i=0; i<MAX TRUNK; i++) 
for (j=0; j<MAX_DEV; j++) 
if ((DAM[j].dev_id == trunk[i]) && 




void Send_Out_No(NUMBER, TRUNK) 
/* Send out the outgoing telephone number NUMBER */ 
/* to the trunk interface for trunk TRUNK */ 
Output(Outgo i ng_number, NUMBER,PABX•TRUNK); 
} 
int Set DAM(PARTY,STATE) 
/* Set Device Activity Map for PARTY to STATE; */ 
for (i=0; i<MAX_DEV; i++) 
if (DAM[i].dev_id == PARTY) { 
DAM[i].status = STATE; 








4.4 Pseudo codes for trunks 
Trunk__OS() { 
struct message msg; 
/* System initializations */ 
In Buf Initialization() 
Out—Buf—Initialization j ); 
Init__Trunk_Status (); 
do { 
msg = Get—Msg—From—In—Buf() 
switch (msg.act) { 
case 1 Outgoing call1 : 
trunk—no = msg. call ed__p; 
status = S e i z e_T runk(t runk_no) 
switch (status) { 





case 1 Trunk seized1 : 
Output (Trunk sei zed•msg•dest,msg•source, 
trunk_no,msg.cal1ing_p) 
outgo_no = Get—Out—No(msg.calling—p); 
response = Outpulse(outgo—no,trunk—no); 
switch (response) { 
case 1 Call connected1 : 
Output (Cal1 connected,msg.dest,msg•source, 
trunk no,msg•calling_p) 
call—status = Await_answer; 
while (call—status == Await—answer) 
cal1 status =Get—Call_Status(trunk—no); 
switch (call status) { 
case 1 Call answered1 : 
Output(C_off_hook,msg•dest•msg•source• 
trunk no,msg•cal1ing_p); 
call id = Ge¥ Call—ID(trunk— no); 
Talking(call_id#trunk_no#msg.calling_p) 
break; 








case 'Line_busy1 : 
Output(fine busy,msg•dest,msg•source, 
trunk_no•msg•cal1ing—p) 















if (trunk—status == Ringing) { 
trunk no = Get_Ring_Trunk(); 




status = Get—Call Status(trunk no); 
switch (status) { 
case 'Ext_busy1 : 
Cal1 Hang Up(trunk no); 
break; 
case 'Ext_idlef : 
call i(T= Get—Call ID (trunk—no); 
TSM[trunk_no].call_id = call id; 
call_status = Seize—Trunk(trunk no); 
while (call status == Await_answer) 
cal1 status =Get Cal1 Status(trunk—no); 
switch (call status) { 
case 1B_off_hook1 : 
Output (call_id,msg•dest,msg•source, 
trunk__no, msg. cal 1 ing_p) 
Talking(call:id, trunk no,msg• cal 1 ing__p) 
break; 
case •CO on—hook1 : 
Output~( Bjbn—hook, msg • dest, msg • source, 
trunk__no,msg.calling_p) 
Release Trunk(trunk no); 










} while (true); 
} 
ATD(TRUNK) { 
Convert analog audio signal from the audio interface 
of TRUNK and convert it to PCM voice packets, and 
return the packets; 
} 
void Call Hang—Up(TRUNK) 
/* This is the state that the call has been hanged-up */ 
/* by the extension, while the CO is off-hook The */ 
/* call will be over completely when TRUNK is released*/ 
Release Trunk(trunk—no); 




 Convert PCM voice packets PACKET to analog audio 
signals and send it to the audio interface of TRUNK; 
} 
int Get Call—ID(TRUNK) { 
/* Get and return the call ID assigned to TRUNK */ 
/* for the call */ • 
msg = Get—Msg—From—In Buf(); 
if ((msg.act == call—id) && (msg.dest == TRUNK)) 
return(call id) 
} 
device—status Get Call—Status(TRUNK) 
{ . • .. : .:.: • •:.: :. :/., ‘ 
/* Get the call status for the TRUNK */ 
/* The calling party is also monitored continuously */ 
call—status = Await—answer; 
if (TSM[TRUNK].status := CO off—hook) 
call status = Cal1—answered; 
if (TSM[TRUNK].status == CO on—hook) 
cal l_status = CO—on hook; 
msg = Get—Msg_From—In—Buf(); 
if (msg.called == TRUNK) { 
if (msg-act == B_off—hook)call_status=B—off—hook; 




int Get Out— No(PARTY) { / 
/* Get the outgoing telephone number from */ 
/* extension PARTY " 
msg = Get Msg—From In—Buf(); 
if ((msg.source == PARTY) && 
(msg.act == Outgoing number)) 
return(msg.number); 
} 
int Get Ring Trunk() 
/*Search for the ringing trunk and return trunk number;*/ 
Search from hardware the ringing trunk; 
TSM[TRUNK].status = RING; 
return(TRUNK); 
} 
device status GetJErunk Status(TRUNK) 
/* Return the status of TRUNK from hardware; */ 
Search trunk status from hardware; 




/* Initialize the Trunk Status Map, TSM */ 
for (i=0; i<MAX TRUNK; i++) { 
TSM[i].dev_id = trunk[i]; 
TSM[i].status = IDLE; 
TSM[i].call_id = NULL; } ‘ 
} 
device status Outpulse(NUMBER,TRUNK) 
/* Outpulse the telephone number NUMBER to the CO */ 
/* through trunk TRUNK, and return the result status */ } 
void Release Trunk(TRUNK) 
/* Release the trunk TRUNK, i.e., equivalent to */ 
/* on-hook of a telephone; and reset the TSM */ 
Release the trunk; 
TSM[TRUNK].status = IDLE; 
TSM[TRUNK].call_id = NULL; 
} 
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device status Seize Trunk(TRUNK) { 
/* Seize the TRUNK and return the result; */ 
Seize the TRUNK; 
status = Get Trunk Status(TRUNK); 
return(status) 
} 
Talking(cal1 id, cal1ing, called) { 
call status = Talking; 
do { 
msg = Get— Msg—From In—Buf(); 
switch (msg.act) { 
case 'Voice packet1 : 
DTA(voice p,calling); 
break; 
case 1B_on_hook1 : 
Output(Release—cal1 id,TRUNK PS,PABX,calling,PABX); 




voice p = ATD(calling); 
Voice:Pack(Voice packet,cal1—id,voice—p,cal1ing); 
if (Get_Trunk_Status(cal1ing) == On hook) { 





} while (call__status == Talking); 
} 
f 
void Trunk Idie(TRUNK) { , 
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5. HARDWARE IMPLEMENTATION 
Fig. 5.1 shows the overall architecture of the 
integrated PABX/LAN. The LAN transmission medium is 
assumed to be a general structure with certain basic 
minimum requirements for the real-time voice 
communication. In this report, only the PABX station is 
discussed. The main functions of the PABX in this 
network are : 
1. Call setup for the voice communications, within the 
system and with outside PSTN. 
2. Allocation of call identification for all the voice 
calls. 
Inside the PABX station, two functions are performed 
1. Call setup and call ID allocation for the whole 
system. 
2. Interfacing with the CO for the trunk circuits. 
Although these two functions can be performed in two 
different physical stations, they are combined into one 
PABX station in this discussion because there will be a 
substantial amount of communication between this two 
sections. If these functions are performed in two 
different physical stations, the transmission medium will 
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be flooded with messages between this two physical 
stations and thus the system efficiency will be much 
reduced. 
The network interface is not done in this design, 
and the design by W.D. Livingston, Ref. [11],: is assumed 
for the present work. 
5.1 TRUNK INTERFACE 
T h e central office (CO) of the telephone company 
supplies the TIP and RING terminals of the trunk with OV 
a n d -48V, respectively in series with a 450 ohm coil 
winding. The two windings are both wound on the same 
armature which is magnetically coupled to a normally open 
switch. The switch is adjusted to close when the 
magnetic field produced by 17mA of current flowing 
through each winding is present. The magnetic fields of 
both windings are additive, so it is also possible to 
close the switch by allowing 34mA of current to flow 
through only one winding. 
5.1.1 PABX to CO call ‘ 
The PABX puts a loading across the Tip and Ring 
leads, thus allowing a current of sufficient magnitude 
to flow through each of the windings. This notifies 
the CO that the trunk wants to make a call and the CO 
responds by delivering the dial-tone signal. The PABX 
can now send DTMF digits or rotary digits to the CO. 
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The CO deciphers the digits and make the connection to 
the other party. 
5.1-2 CO to PABX call 
The CO initiates a call by connecting the 75V 
ringing generator (75V rms @ 20 Hz referenced to -48V 
dc) to the Ring lead. A detector on the trunk circuit 
recognizes the ringing signal and notifies the PABX. 
When the PABX is notified of the presence of ringing 
it will ring an attendant's phone. When the attendant 
answers, the PABX will connect the load across the Tip 
and Ring leads. The GO responds this with the removal 
of ringing signal. 
A more detailed specifications of the signaling 
formats used by the HK PSTN are listed in Appendix B. 
5.2 Subscriber Interface Circuit 
Fig. 5.2 shows the block diagrams for the subscriber 
interface circuit. This circuit is used to interface the 
CO to the microcomputer bus of the PABX system. The 
analog signal of speeches are converted to and from the 
PCM format processed by the PABX computer system. 
The interface to CO trunks is done by the PSTN Trunk 
Interface, which senses the signalling of the CO and 
output to the control circuitry of the PABX. This 
signalling information is then multiplexed and sent to 
the CPU through the microcomputer bus. The codec is used 
to convert the analog voice signal into PCM format, and 
vice versa. With serial/parallel converter, the serial 
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PCM signal is converted to an 8-bit parallel format so 
that one voice sample can transmitted to the , 
microcomputer bus at a time. Similarly, parallel/serial 
converter is used to convert the 8-bit data into a serial 
PCM format. 
5 . 4 p s T N Trunk Interface 
The PSTN trunk interface circuit is used to 
interface between the CO and the control section of the 
PABX station. 
T h e Tip and Ring leads are connected directly to the 
two terminals provided by the telephone company. VR and 
VX are the audio signal paths for the outgoing and 
i n c o m i n g directions. A seize (SZ) signal is used to 
s i g nal the CO for the trunk seizure; this is equivalent 
to off-hook of telephone set. Other signals are used to 
notify the PABX about the trunk status such as ringing, 
trunk seized and trunk polarity. 
King detector is used to detect ringing voltage from 
the CO, i.e., an incoming call. 
Polarity detector is used to detect whether the 
voltage across the Tip and Ring leads has been reversed. 
T h i s is important especially if the CO provide line 
reversal as a supervisory signal. 
Details of the ring detector and polarity detector 
circuits are shown in Fig. 5.4. 
Since the other parts of the trunk interface require 
a proper polarity of the tip and ring leads, a bridge 
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rectifier is used to convert the tip and ring voltage to 
the right polarity. 
Active termination, as shown in Fig. 5.5, is used to 
provide proper loop resistance for the CO so that the 
current flowing can be sensed by the CO for outgoing 
call. A seize signal (SZ) is used to connect the active 
termination to the CO for trunk seizure. The active 
termination circuitry is also used to simulate the on/off 
hook of the hook-switch, thus providing pulse for 
outpulsing dialed digits. 
The transformer is used to isolate the audio circuit 
from the CO for safety purposes. 
The audio circuit is the hybrid used to 
couple/decouple the transmit and receive speech signals 
to the CO. An analog echo cancellation circuit is used 
to reduce the signal level feeding into the receive path 
from the transmit path. Fig. 5.6 shows the audio circuit 
for the PSTN trunk interface. 
c 
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6. CONCLUSIONS 
In this report, only the basics of building an 
integrated system was discussed. In a commercial PABX, 
there are a lot of functions and features provided for 
the users. A few of these features are listed below : 




- call pickup 
-camp on 
speed call 
These features can be implemented based on the basic 
call set-up processes described in Chapter 4. 
Moreover, the medium access (MAC) protocol for this 
proposed integrated PABX/LAN is still being studied and 
developed by C. C. Yuan [18]. 
The design work reported here is based on a few 
assumptions of the LAN and it ^oes not rely too much on 
the detail MAC protocol. The call setup and release 
protocols will remain the same with different MAC 
protocols. Nevertherless, the lower layer Interface to 
the MAC and the network interface may have to be modified 
to be compatible with the MAC protocol. , 
The project to complelely build an integrated system 
of PABX/LAN surely requires a lot of effort and just a 
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few man-years can only furnish a preliminary portion of 
the whole project. More efforts have to be devoted to 
the MAC protocol, network interface hardware, software 
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APPENDIX A 
CCITT SPECIFICATION AND DESCRIPTION LANGUAGE [15] 
The procedures by which a pair of communicating 
telecommunications processes interact can be described in 
graphic form by a language that has been developed over a 
number of years by the CCITT. This language, which is 
known as the Specification and Description Language 
(SDL), is used extensively in the specification of the 
ISDN protocols. 
SDL is based on a set of constructs or graphic 
symbols to describe the behavior of a process that can be 
modelled as a finite state machine. The most important 
of these symbols for representing telecommunications 
process are shown in Fig. A.1. 
The process exists at any one time in one of a 
finite number of states. When it receives an input 
signal it undergoes a transition to either the same state 
or to another state. during this transition it produces 
an output signal. Input signals may be received from 
more and output signals may be delivered to more than one 
user of the process. State transitions are sometimes 
governed by variables such as counters or timers and are 
subject to the outcome of a test on the value of one or 
more such variables. While in a particular state, the 
process can undergo a procedure such as the updating of a 
variable. It may also invoke a call to another entity 
for carrying out a procedure. The latter may itself be a 
finite state machine represented by an SDL diagram. 
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SDL is a standard for specifying telecommunication 
systems and data communication protocols. The virtues of 
SDL are its ability to describe and modularize the 
interactions and interfaces between any processes working 
concurrently with each other. SDL processes are 
concurrent extended finite state machines that model the 
dynamic behavior of an SDL system. Processes communicate 
with each other only by means of discrete, asynchronous 
messages, called signals. a process will wait in a state 
until it receives a valid signal from its environment. 
Then it will perform a transition to another state. 
During the transition it may perform actions such as 
manipulation of local data or sending signals to other 
processes or to the external environment of the system. 
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The state of the process 
Input received from user 
Output or response to user 
Input received from PABX 
Output or response to PABX 
Procedure which may, or may not be 
described in details in another SDL 
diagram 
A decision made during the operation 
of the process 
Fig. A.1 SDL graphic symbols 
67 
( ) The state of the process 
> 
Input received from user . 
Output or response to user 
“ Input received from PABX 
“ Output or response to PABX 
Procedure which may, or may not be 
i n described in details in another SDL 
diagram 
A decision made during the operation 
of the process 
o 
Fig. A.1 SDL graphic symbols 
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SIGNALLING FOR SWITCHING SYSTEMS IN HK [,16] , [17] 
B.1 Tone plan 
Tone Frequency (Hz) Cadence 
Dial tone 350 + 440 Continuous 
Ringing tone 400 + 450 0.4/0.2 off/0.4/2.0 off 
Busy tone 400 0.4/0.5 off 
Congestion tone 400 0.25/0.25 off 
Number unobtainable 400 Continuous 
B.2 Tone levels 
The nominal power level of tones when measured at 
the 2 wire termination point of the local exchange should 
be -8 dbm to -14 dbm for dial tone and 0 dbm to -12 dbm 
for other tones. 
During the off period of a tone, the power of any 
noise from the tone source should not exceed -55 dbm. 
B.3 Ringing frequency and voltage 
Frequency = 16 to 27 Hz 
Voltage = 75V rms nominal 
/ (voltage may be as low as 50V rms 
and as high as 120V rms) 
B.4 Dial pulse 
Equipment should be capable of operating over 
exchange lines whose loop resistance is at the maximum of 
1000 ohms. The equipment should be insensitive to 
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exchange line polarity including any change in polarity 
which may occur during a call. 
The pulse source should meet the following limits :-
1. puise repetition rate : 9 to 11 pulses per second 
2. pulse break-make ratio : within the range 63% to 72% 
During the pulse-break period, there should be a 
disconnection of at least 100 kohms. 
B.5 DTMF (Dual-tone multi-frequency) 
Each signal should consist of two and only two of 
the signalling frequencies, in accordance with the 
following table. Both frequencies should be applied 
simultaneously to the line. 
High group frequency (Hz) 
1209 1336 1447 1633 
Low group 679 1 2 3 A 
frequency 770 4 5 6 B 
(Hz) 852 7 8 9 C 
941 * 0 # D 
•v. . \ • 
All push-button and automatic DTMF dialers should 
meet the following signal timing requirements : 
1. Minimum signal duration of 50ms. 
2. Minimum interdigital pause of 50ms. 
B.6 PCM coding 
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Quantizing noise over the dynamic range of the 
analog signal is made constant by compressing the scale. 
When the compressed PCM signal is reconstructed into 
analog at the receiving end, it is expanded to restore 
the dynamic range. The whole process is known as 
, . , 
companding• 
Where the coding of voice-frequency signals for 
digital switching is by means of PCM, Mu-law companding 
should be adopted. 
log ( 1 + u j x! / V ) 
v = V * —t “ 
log ( 1 + u) 
v = output of speech compressor 
V = overload level of speech compressor 
u = dimensionless constant, 255 
x = input to speech compressor 
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